INTRODUCTION
The urban population is exposed daily to noise pollution, a great part of it being generated by road traffic. In order to reduce this annoyance, an effort is to be made in the conception of road vehicles. To this extent, the optimization of the vehicle parts requires improving the knowledge of the acoustic behavior of the vehicles. On another issue, in order to inform people about the noisy areas in their living places, traffic strategic noise maps are provided according to the European Directive 2002/49/EC. 1 The accuracy of those maps also depends partially on our knowledge of the noise sources produced by vehicles. To achieve such a goal, we need to identify the different noise sources of a vehicle in real road conditions.
Beamforming is a well-known technique which can be adapted to the localization of moving sources. It consists in making a directional filter by post-processing the signals received by an array of microphones. The process can be implemented either in time or in the frequency domain. In the time domain -"delay and sum" beamforming -the signals received by the microphone array are delayed, weighted and averaged. In the frequency domain, this operation is performed by the multiplication of the microphones cross-spectra matrix by "steering vectors". The calculation of the delays and steering vectors depends on the spatial point the array is focused on : any signal coming from this point remains unchanged, while signals coming from any other spatial point or direction are attenuated. Both delays and steering vectors are determined according to a model of source and propagation adapted to the measurement context. Developments have been made to adapt beamforming to moving sources in the time domain by steering the focus point with the moving source-point, by means of time-varying delays. 3 Unfortunately, the beamforming method has a poor resolution in low frequency and is not very accurate to quantify the power of extended sources. Indeed, the main beamwidth and the sidelobes of beamforming spatial response lead to a broadening of the source area and to an overestimate of the local source powers. The separation of geometrically close sources is also compromised. To overcome these issues, deconvolution methods have been developed to improve the localization and the estimation of the power level radiated by static sources, for instance DAMAS 4 and CLEAN. 5 Several of them have been adapted to the moving sources problem. Fleury 6 proposed a solution that was tested in simulation and real experiment in the case of an aicraft flying over. A variant was implemented in the case of a ship, studied by Oudempheng 7 and Lamotte, 8 involving far lower source speeds.
The present paper studies the method in the case of road vehicles and proposes a full numerical study to determine its range of validity and performance in this context. In a first section, the method is described and discussed. Then simulations are presented: indicators to evaluate the performance of the method are defined and a comparison with conventional beamforming is part of its evaluation. A third section is dedicated to an academic experimental set-up designed to test the method and compare it to conventional beamforming (noted CBF from this point) in scaled pass-by conditions. At last there is a discussion and a conclusion about the performance of the method in both simulation and experimental conditions.
DESCRIPTION OF THE STUDIED METHOD
Most deconvolution methods are applied to a beamforming output that has been performed in the frequency domain. For time-invariant conditions, the deconvolution consists in solving the following inverse problem :
where b is the vector of beamforming outputs for the set of focus points on the grid, H is a transfer function matrix and s is a vector representing the unknown source contributions. H depends on the model of source and propagation chosen according to the physical context. When considering point sources, it is called Point Spread Function (PSF). While deconvolution is very effective for static sources, its use with moving sources is more challenging. The reason is that frequency domain beamforming is not well suited to moving sources, contrary to beamforming in the time-domain that incorporates a sweeping focus point to locate moving sources. But in that case, the PSF is also time-varying. As a compromise, an averaged PSF, derived from quasi-static cases, has been chosen by some authors. 9, 10 To obtain better results for deconvolution, Fleury and Bulté proposed to perform beamforming in the frequency domain for moving sources by splitting the full time problem into multiple snapshots of smaller size, that are individually processed in the frequency domain. Under several conditions that will be given below, the movement of the sources can be neglected in each snapshot, so that it is possible to apply frequency domain beamforming inside each snapshot.
A. PROBLEM FORMULATION
The method is described in a paper by Fleury and Bulté. 6 It is based on a model including an array of N m microphones and N s random sources characterized by their contribution at the discrete frequencies ω p (p = 1...N F ). The signal received by the mth microphone is written:
where α i (ω p ) is the complex amplitude of the ith source of the source-grid at the frequency ω p and G i,m represents the time-varying transformation from a source at the ith position on the source-grid to the mth sensor of the array, for the frequency ω p . The approach consists in finding the vector α that minimizes the quantity p(t)−p (model) (t, α) defined with the Frobenius norm. The authors introduce several assumptions to develop the model:
1. The sources are uncorrelated from one another and for a single source from one frequency to another. This leads to:
where δ ij (resp. δ pq ) is the Kronecker delta and s i (ω p ) = E{|α i (ω p )| 2 }.
2. The sources are monopoles, linearly moving at a constant speed v, so the acoustic pressure received by a microphone is: 2
where R and θ are time-varying functions representing respectively the distance and the angle between the source and the microphone at the emission time t e = t − R c , q(t) is the mass flow of the source and M = v c is the Mach number (v being the speed of the sources and c the sound celerity in the air). 3. The key point of this approach is that the whole time-interval T is divided into N K snapshots with a T (e) duration that is small enough to consider that the sources are quasistatic inside each snapshot. The choice of T (e) must satisfy the condition vT (e) D where D is the source-to-microphone distance. This means the displacement of the sources within the duration of a snapshot is small in regards of the source-to-microphone distance. Under the previous assumptions, the source-to-microphone distance R i,m , the angle θ i,m and the dopplerized frequency ω D i,m = ωp 1−M i,m received by the mth microphone can be considered as constant within a snapshot. Their values are taken at the center of the snapshot and are noted respectively R i,m,0 , θ i,m,0 and ω D i,m,0 . Under these assumptions, for the kth snapshot:
4. The random variables are ergodic. Statistical quantities can be calculated by averaging over all the snapshots.
5. The differences between the dopplerized frequencies received on a microphone from every sourcepoint considered are smaller than the frequency sample rate ∆ f .
The assumptions 3 to 5 work in the same direction since a better statistic to treat random sources would require a greater number of snapshots to perform enough averages. This makes the duration T (e) accordingly smaller and assumptions 4 and 5 easier to fulfill. However, at the same time, the frequency resolution 2π/T (e) increases, which is a loss in frequency accuracy.
Under all the assumptions listed, the minimization problem consists in solving the system
where b(ω p ) is a time-averaged beamforming term, involving a steering vector fitted to each snapshot:
and H(ω p ) is an equivalent moving PSF, quadratic average based on the snapshots:
The notation X (k) stands for the averaged value of X over the N K snapshots. The cross-spectra matrix used to calculate the beamforming term is given by:
where p (k) m represents the complex Fourier transform of the mth microphone signal. There are two options to calculate this matrix : either with an fft algorithm and then take the value at the closest frequency to the Doppler-frequency ω D i,m,0 ; or with the discrete Fourier transform of the signals at the Doppler-frequency. Simulations have shown that the second option, while being more time consuming, is more accurate and yields better results whereas the first option is not accurate enough for the method to work satisfactorily.
This approach consists in adapting the calculation of the PSF to the case of moving sources with an averaged formulation over several snapshots. In the present paper, the inversion of Eq. (7) for the determination of s(ω p ) is performed by an iterative algorithm with a non negative constraint, 11 different from those of the original paper. 6 The method will be called MSA-PSF for Moving Source Adapted-Point Spread Function from this point.
NUMERICAL SIMULATIONS
A series of numerical simulations have been conducted to test the validity and robustness of the method in the case of road transportation, covering a range of situations that are common in pass-by vehicle measurement.
A. SIMULATION PARAMETERS i. Configurations and parameters
A four meter long vehicle is considered. The source-grid abscissa extends from -2 m to +2 m with a 5 cm step. The sampling frequency is F s = 8 kHz and the range of frequencies studied spans from 500 Hz to 3 kHz. The array has 32 microphones and is 4.2 m long. The sensor interspace regularly increases from the center towards the end of the array: from 5 cm near the center up to 29 cm near the end. At 3 kHz, the wavelength is λ = 11.3 cm, and λ/2 = 5.7 cm, close to the Shannon spatial frequency limit. In order to study the localization and quantification performance of the method, a unique source is considered, located at the center of the moving source-grid (x s = 0). The source signal is a white gaussian noise. The separation power of the method will be assessed later in section 3.4.
The configuration parameters are:
• The speed v of the vehicle.
• The distance D between the plane of the moving vehicle and the array plane.
• An additive white noise on each microphone, independent of the source signal and from one sensor to the other.
The duration of the snapshots is fixed to 20 ms (∆ f = 50 Hz) and is chosen to satisfy the condition vT (e) D for the highest vehicle speed while having a reasonably good frequency accuracy. All the test configurations which have been tested are summarized in Table 1 . ii. Performance indicators
In order to assess the method performance, a set of indicators has been defined. Indicators using only the deconvolution grid-point maximum have been discarded because of their poor quality, especially for source quantification due to picket fence effect of spatial sampling. Indicators considering a slightly spread source are more accurate and only them have been kept.
• posgrav: This indicator considers the abscissa of the gravity center of the source area found by the deconvolution, taking into account the two adjacent grid-points of the deconvolution maximum as well. posgrav is the difference between this abscissa and the true source abscissa, at each frequency.
• nivzone: This indicator is the level difference between the 3-grid-point wide source area centered on the deconvolution maximum and the true source level.
Statistics on each indicator are carried out with 60 outcomes of the same experiment for each configuration. This may appear insufficient for correct statistics, in particular considering the irregular curves displayed in the following, but is nonetheless reasonable to reveal main trends.
B. EFFECT OF PARAMETERS ON THE METHOD PERFORMANCE
As we can see in Fig. 1a , the source localization is quite satisfactory, even at a high speed as 90 km/h, since the worst estimate has an error of 1 cm only for a 4 meter long vehicle at a 4 meter distance. The source level estimation (Fig. 1b ) is correct at low frequencies, although slightly underestimated, probably due to the tight source extent involved in the indicator. The level estimate error increases with frequency: still limited to 1 dB at 2.5 kHz, it worsens and exceeds 2 dB at 3 kHz. As a solution, increasing spatial and/or frequency sampling could push the method frequency limit higher (increasing the time-cost of the method). Although a higher speed (Fig. 1) , a larger source-to-microphone distance (Fig. 2) or a louder additive noise (Fig. 3 ) has a negative effect on the performance of the MSA-PSF approach, the method remains efficient in the frequency range 500 Hz to 2.5 kHz. The localization error stays below 1 cm despite a degradation of source localization accuracy when test conditions get harsher, especially at low frequencies.
The level estimation error is confined below 1 dB (Fig. 1b) .
Simulations with conventional moving source beamforming and deconvolution by the static source PSF (named CBF here) have also been conducted and the same performance indicators have been used to compare both approaches (Fig. 4) . While MSA-PSF and CBF both tend to underestimate the source level, CBF has clearly a lesser performance. Generally speaking, MSA-PSF turns out to be more accurate than CBF, both for the localization and the quantification performance indicators, regardless of the configuration parameter (speed, distance, additive noise).
This proves the better efficiency and robustness of the MSA-PSF method over CBF, even in higher speed condition and in a noisy environment. The choice of the working frequency range is crucial since the method shows limits towards higher frequencies.
C. EFFECT OF AN ERROR IN A PARAMETER INPUT ON THE METHOD PERFORMANCE
In this section, the performance of MSA-PSF is investigated in the case of an error on the input parameters of the method (speed, distance), rendering an inaccurate knowledge of the actual configuration parameters. Regarding speed, a severe (5% error) and a more likely (2% error) scenarios have been considered, both either under-or overvalued. Regarding the source-array distance, the actual location of vehicle sources is not strictly confined on the grid plane. Thus, MSA-PSF performance has been assessed when the source is actually located 20 cm nearer (resp. farther) than the grid plane.
In both speed and distance error input study, a vehicle going at 50 km/h at a 4 m distance from the array and without additional noise has been simulated. Whereas input parameters inaccuracy has a negative effect on the source position estimate, with the greatest impact occurring at low frequencies, the localization errors remain at a quite acceptable level ( Fig. 5) . Thus, the MSA-PSF method is robust enough in terms of location to manage deviations from the model regarding the speed and distance. Figure 6 : Error on the quantification of a moving source (nivzone indicator) by MSA-PSF resulting from a wrong vehicle speed input (a) or a wrong source distance (b). Figure 6 shows how a deviation of speed and distance from the model affects the level estimation performance. While a moderate speed inaccuracy (2%) has an insignificant effect, a harsher inaccuracy (5%) leads to an underestimation of source levels exceeding 1 dB over much of the frequency range. Quite logically, distance input errors significantly affect source level estimates.
D. MOVING SOURCE SEPARATION PERFORMANCE
For investigating the spatial source separation power, two uncorrelated white noise sources, respectively located at -5 cm and +5 cm on the moving source grid, have been simulated for all the configurations of Table 1 . This condition turns out to be quite tough: as a basis for comparison, this space between both sources is lower than the mainlobe width of the beamforming PSF encountered in the favorable case of a static source facing the array(which can be approximated by λD/L), 7 over the whole frequency range [500 Hz -3000 Hz] at a 4 m or 5 m distance and up to 2.5 kHz at 3 m, knowing that motion and side focusing still add deteriorating factors to mainlobe width.
In order to assess the aptitude of a method to separate neighbor sources, the acoustic map of the source grid (either the beamforming or deconvolution output) is usually displayed and a visual investigation is often made. Here, the processing has been zoomed around the sources area and a 1 cm grid step has been used. In addition, another indicator ("sep") has been defined to objectively state if two sources are separated. The sep indicator is binary: its value is 1 if the separation is achieved, 0 otherwise. To this end, three areas are defined on the acoustic map ( Fig. 7a ) and the overall noise level is calculated at each frequency over each area. The left (resp. right) area is centered on the left (resp. right) source location. The middle area covers the gap between sources, which is supposed to be quiet. The separation is achieved at some frequency if the level difference between the middle area and the minimum of the other two exceeds 3 dB. Due to the random nature of the signals, the sep indicator is a random variable: depending on the configuration and the frequency, the sources are more or less likely to be separated. A statistic on the sep indicator is performed with 60 signal outcomes, by determining the percentage of cases where the source separation is effective ( Fig. 8) . Whereas the separation probability is fair above 2 kHz, it is quite low below 1.2 kHz. As a general rule, it improves if the speed is lower or the distance is smaller (in relation with beamforming mainlobe width), or if the signal-to-noise ratio is higher. The parameter effect on separation performance is primarily noticeable through the frequency threshold in the transition area in-between, but also on the actual separation rate within the better performing frequency range. The same study for CBF has been made ( Fig. 9 ), and the results show that the separation is more efficiently achieved by MSA-PSF. 
EXPERIMENTAL APPLICATION OF THE METHOD : CASE OF A PENDULUM
This section presents an academic experimental set-up used to test the method and compare it to CBF in real conditions. The idea is to have a scaled experiment of a vehicle in pass-by condition, involving sources in linear motion, at a constant or variable speed. A way to achieve this without any specific material is to use a pendulum with a long rod carrying a noise source. The circular movement can be locally approximated to a linear movement with the condition that the distance between the plane of displacement of the sources and the array of microphones is small with respect to the rod length. The parameters of the experiment are described below. 
A. EXPERIMENTAL PARAMETERS AND CONFIGURATIONS
The pendulum is made with a three meter-long rigid rod that revolves around an axis supported by a weighted structure (Fig. 10 ). An optical system is used to get information on kinematics (position, speed). The microphone array has 30 microphones, regularly spaced by 2 cm. Measurement is in direct proximity of the pendulum position at rest that is used as a reference. Thus, the horizontal array is centered on this reference position and located at the height of the rod end, which supports the sources. A microphone, providing a reference signal for further research, is also placed in direct proximity of one of the sources.
The sound device is a smartphone equipped with two loudspeakers 128 mm apart, which has several advantages for such an experiment. First, the signals are amplified inside the phone so there is no need for a cable that would be impractical. Second, the two loudspeakers are independent and they can play two different signals at the same time: two tone noises at different frequencies for instance, or two uncorrelated white noises. The last advantage of the device is its small dimensions that make it easy to fix on the rod end, and its lightness with no risk to modify the movement.
Finally, acoustic panels have been placed on the floor between the pendulum and the array to remove reflections on the floor.
The test procedure was to drop the pendulum without initial speed from a variable height. Two distinct heights were chosen to obtain movements with different speeds. Two types of signals were used : i) a tone at 6 kHz for one speaker and another tone at 8 kHz for the other one; ii) two uncorrelated white noises for each speaker. One measurement was made with the pendulum at rest to get a reference absolute position of the sources and an accurate estimate of the actual sound source levels.
In all of the measurements, the length of the snapshots for the MSA-PSF method was 20 ms, corresponding to a frequency-step of 50 Hz. The calculation has been made and averaged over 15 snapshots with a 60% overlap, which corresponds to a global signal duration of 132 ms. The CBF has been made on a snapshot that also lasted 132 ms. Thus, the same section of the movement has been taken in both cases.
B. EXPERIMENTAL RESULTS AND COMPARISON WITH BEAMFORMING METHOD i. Measurements of static sources
A preliminary measurement of the sources while the pendulum is at rest has been made to get a reference. Beamforming output, CBF (i.e. deconvolution after Beamforming) and MSA-PSF are compared in case of tones or random noise sources.
A first method comparison is made for tone sound sources, with a 6 kHz (resp. 8 kHz) tone on the left (resp. right) speaker. Beamforming output points out both sources, with slightly disymetrical sidelobe patterns (Fig. 11 ). Deconvolution results given by CBF or MSA-PSF provide highly localized sources at the maximum beamforming positions, as well as several spurious lower level side peaks. These differences with the expected two-point source configuration is mainly due to minor discrepancies between model and reality (sound reflections, source directivities). The two main sources are actually spread over two grid points, suggesting that the estimated source location is situated between two grid samples. To get the source level, the energy of both samples is summed. The sources characteristics estimated are given in Table 2 . The three approaches provide very close results.
The next comparison is made with uncorrelated white noise sources (Fig. 12) . Because of the speakers gain, the emitted signal spectra is no longer constant over the frequency range. As we can clearly see on the beamforming maps ( Fig. 12a and Fig. 12c ), the speaker on the right has an amplification with a greater gain than the speaker on the left, in accordance with Table 2 . The deconvolution results ( Fig. 12b and Fig. 12d) give a more accurate location of the sources than the beamforming map. The levels of the MSA-PSF beamforming map are greater than those from CBF due to different normalization approaches, but are indeed the same in the deconvolution maps. For both methods, the sources are located at +46 mm and at -79 mm, which makes a gap of 125 mm between the two. The total sound level over the frequency range is 71.6 dB for the source on the right with MSA-PSF (resp. 71.1 dB with CBF), and 68 dB for the source on the left (resp. 67.4 dB). As a conclusion, the results of deconvolution with a CBF and a MSA-PSF approach are close, in accordance with expectation since both methods are quite similar in the static case.
ii. Measurements of moving sources
Only the results corresponding to the highest source speed tested are presented here, informing on the methods performance and flagrant differences in the most difficult conditions investigated. We recall that the CBF applied here is adapted to moving sources, with a sweeping focus point steered on the sources (time domain) and that the PSF for the deconvolution (frequency domain) is the same as in the static case, since an analytic formulation in frequency domain that corresponds to the time varying focus point is unavailable.
The maximal speed of the sources in this configuration is 3.5 m/s (speed of the pendulum when reaching the lowest position) and corresponds to approximatively 30 km/h at road pass-by vehicle scale. The comparison is presented in the same order as in the previous subsection: first, a view of the deconvolution superposed to the beamforming output at each frequency (6 kHz and 8 kHz) of the tone noise sources; then the beamforming maps obtained with both methods for moving sources and the corresponding deconvolution maps in the case of white noise sources.
The beamforming output is degraded compared to the static case, with flattened sidelobes (Fig. 13 ). The deconvolution involved in CBF gives several significant source contributions instead of one expected, within the beamforming main lobe extent (Fig. 13a ). All of them must be taken into account to get the overall level found in the static case. The position of the real source is then ambiguous. On the other hand, the MSA-PSF approach yields improved results (Fig. 13b) . The source on the left does have a spurious side peak, but at a noticeably lower level than the main peak level. However, the source on the right has a more important secondary source contribution and the main source contribution does not suffice to quantify the actual source radiation correctly. Though the results remain degraded by the motion, the output is cleaner than the CBF. The source characteristics estimated are given in Table 3 (the weighted averaged source position and the overall level are given in the case of important secondary source contribution). The beamforming map for moving white noise sources (Fig. 14) is blurrier than in the case of static sources. This results in very dispersed source contributions in the deconvolution map obtained with CBF (Fig. 14b ). The moving source context degrades the result so much that it is not possible to determine a clear location for any of the two sources. The MSA-PSF deconvolution map on the other hand, while also yielding dispersed source contributions, has more concentrated peaks around two positions ( Fig. 14d ) : -75 mm and +54 mm. The gap between them is 129 mm, which is slightly larger than expected. The total sound level over the frequency range amounts to 71.3 dB for the source on the right with MSA-PSF and to 67.6 dB for the source on the left, which is very close to the levels found in the static case (71.6 dB and 68 dB). This level is not estimated for CBF because of the excessive dispersion. This experiment with moving sources shows the improvement brought by MSA-PSF compared to CBF. The deconvolution map is cleaner with less dispersed source contributions and provides a likely position for the actual sources. The level estimate is also satisfying since the results are close to those found in a static context.
